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The invention relates to a method for amplifying a carrier
signal (CS1) by using a power amplifier (PA1), the power
amplifier (PA1) is feed with a supply voltage (PASV1) of a
power supply (SMPS1). The method comprises the step of
adapting a value of the supply voltage (PASV1) to a value
related to a mean signal power of an input signal (DS) of a
power amplifier system (PAS1).
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1
METHOD FOR AMPLIFYING A SIGNAL BY A
POWER AMPLIFIER, POWER AMPLIFIER
SYSTEM, DEVICE, COMPUTER PROGRAM
PRODUCT, AND DIGITAL STORAGE
MEDIUM THEREOF

FIELD OF THE INVENTION

The invention relates to a method for amplifying a carrier
signal by using a power amplifier, to a power amplifier sys-
tem, and to a computer program product.

BACKGROUND OF THE INVENTION

Modern radio communication systems such as LTE
(LTE=long term evolution) being developed by 3GPP
(3GPP=Third Generation Partnership) or WiMAX
(WiIMAX=Worldwide Interoperability for Microwave
Access) being developed by IEEE (IEEE=Institute of Elec-
trical and Electronics Engineers) and by WiMAX Forum use
modulation techniques such as OFDM (OFDM=orthogonal
frequency division multiplexing) with an enhanced spectral
efficiency.

An alterable envelope of OFDM signals exhibit a large
dynamic range. The large dynamic range provides high
demands on digital-analog/analog digital converters regard-
ing digital resolution and high demands according to a linear
amplification of the OFDM signals by a power amplifier.

The dynamic range is defined by a peak-to-average-power
ratio (PAPR=peak-to-average-power ratio), which is a ratio
of' a maximum instantaneous power to an average power.

The power an is designed to provide amplification for a
highest arising value of an input power. Thereby, the power
amplifier, being operated with a constant DC bias current
(DC=direct current) of a power supply, works only with a
highest efficiency according to the highest arising value of the
input power or according to a so-called peak power. But most
of the time, the input power is only a fraction of the peak
power. This means, for long time periods an output power of
the power amplifier is only a fraction of the power consump-
tion of the power supply resulting in low power efficiency.
Especially during time periods of low user traffic, such as
time of night from midnight to 6 am, the power efficiency is
quite low. Several solutions exist to improve the power effi-
ciency of the power amplifier.

A PAPR reduction algorithm can be used to limit the peak
power. In that way, the power amplifier is not designed
according to the peak power but according to a pre-defined
constant so-called clipping threshold, which is lower than the
peak power. A so-called clipping removes signal peaks of the
input signal, which are above the clipping threshold. There-
with, the power efficiency of the power amplifier can be
improved. But an improvement can only be achieved for high
load situations. During low load situations the efficiency is
still quite low. A further disadvantage is a decreasing signal
quality of the output signal of the power amplifier, because
cutting the signal peaks increases an SNR (SNR=signal-to-
noise-ratio) and increases the spectral bandwidth of the out-
put signal.

An envelope tracking method is a further optimisation
technique for the power amplifier by controlling the supply
voltage of the power amplifier in real time depending on the
current amplitude of the envelope of the input signal. Theo-
retically, a highest power efficiency of the power amplifier
can be achieved by this technique. But complexity of trans-
mitter design increases significantly because supplementary
components such as coupler, detector, delay/synchronisation
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element, high-bandwidth voltage modulator or complex digi-
tal signal algorithm are required. In addition, a control of the
envelope frocking method for a high bandwidth input signal
such as 20 MHz bandwidth needs strong technical require-
ments on the supplementary components,

In DE 601 00 753 T2 a method for improving the efficiency
and the dynamic range of a power amplifier is disclosed. A
supply voltage is generated by a first power supply with low
output voltage if an input signal is below a reference level and
generated by a second power supply with high output voltage
if the input signal is above the reference value.

The way of controlling the power supply of the power
amplifier affects the power efficiency of the power amplifier.

Therefore, it is the object of the invention to improve the
power efficiency of the power amplifier.

SUMMARY OF THE INVENTION

This objectis achieved by a method for amplifying a carrier
signal by using a power amplifier of a power amplifier system,
the power amplifier is fed with a supply voltage of a power
supply, wherein the method comprises the step of adapting a
value of the supply voltage to a value related to a mean signal
power of an input signal of a power amplifier system, and
wherein the method further comprises the step of limiting
signal peaks of the input signal according to a clipping thresh-
old and wherein the clipping threshold is determined by the
value related to the mean signal power.

The object is further achieved by a power amplifier system,
and by a computer program product.

The method according to the present invention offers a
benefit of reducing the power consumption of the power
amplifier, because the DC bias current of the power amplifier
is always limited to a value, which is sufficient to amplify the
input signal with a power value equal to the mean signal
power. Furthermore, an overall power consumption of the
power amplifier system con be reduced.

In comparison to an envelope tracking method, the inven-
tion needs no delay/synchronisation element in an input path
of'the power amplifier to synchronize a voltage modulation of
a power supply with a real time envelope of the input signal.
Furthermore, supplementary components such as coupler,
detector, the delay/synchronisation element, complex digital
signal algorithmic, which are used in the envelope tracking
method, are not required.

Variations of the supply voltage are performed in a much
longer time in comparison to the envelope tracking method,
because the mean signal power has a lower frequency band-
width than the real time envelope of the input signal. There-
with, technical requirements according to the components
used for the invention are lower than for components used
regarding the envelope tracking method.

Ina preferred embodiment of the invention, the input signal
is a digital input signal or an analogue input signal.

Thereby, the invention can be used for power amplifier
systems with digital input signals as well as for power ampli-
fier systems with analogue input signals.

In a further preferred embodiment of the invention, the
method further comprises the step of keeping a peak-to-over-
age-power-ratio of the input signal in a predefined range. This
provides the advantage of avoiding a saturation of the ampli-
fication of the power amplifier by signal peaks with a signal
power much larger than the mean signal power. Furthermore,
distortions of the output signal of the power amplifier such as
generation of additional sidebands caused by the saturation of
the amplification can be prevented. The predefined range can
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be selected in such a way, that requirements such as given by
aradio communication standard regarding signal integrity are
fulfilled.

In an even further preferred embodiment of the invention,
the adaptation of the supply voltage is performed with a value
of'an ascending slope above an absolute value of a downward
slope. This further embodiment reduces on the one hand the
number of adaptation steps. On the other hand, an adaptation
of'the supply voltage to fast ascents of the mean signal power
is enabled to avoid a saturation of the amplification of the
power amplifier by a fast increase of the mean input power.

In another preferred embodiment of the invention, the
method further comprises the steps of measuring values of the
input signal with a first predefined time interval and calculat-
ing the value related to the mean signal power using the values
of'the input signal measured within a second predefined time
interval. By using this embodiment, data can be gathered
directly from a physical layer to calculate the mean signal
power of the input signal. This provides the advantage of
achieving a shaft-time adaptation of the supply voltage.

In an even further preferred embodiment of the invention,
the method further comprises the step of receiving a data
traffic indication from a higher-layer entity. This provides the
benefit of a timely adaptation of the supply voltage before the
amplitude of the envelope of the input signal of the physical
layer is increased in a fast way by an alteration of the user
traffic or the signalling traffic volume.

In yet another preferred embodiment of the invention, the
method further comprises the step of measuring at least one
value of at least one further characteristic of at least one
further signal and the at least one further characteristic is a
quality indicator of the at least one further signal.

This provides the advantage of adjusting the value of the
supply voltage and/or the peak-to-average-power-ratio in a
more accurate way, so that a signal quality of the amplified
carrier signal can be optimised.

Further advantageous features of the invention are defined
by dependent claims for the method and for the power ampli-
fier system and by independent claims for a computer pro-
gram product, for a device, and for a digital storage medium.

BRIEF DESCRIPTION OF THE DRAWINGS

The embodiments of the invention will become apparent in
the following detailed description and will be illustrated by
accompanying drawings given by way of non-limiting illus-
trations.

FIG. 1 shows a block diagram of a power amplifier system
in accordance to a first application of a first embodiment of
the invention.

FIG. 2 shows a flow diagram of a method in accordance to
the first application of the first embodiment of the invention.

FIG. 3 shows a block diagram of a power amplifier system
in accordance to a second application of the first embodiment
of the invention.

FIG. 4 shows a flow diagram of a method in accordance to
the second application of the first embodiment of the inven-
tion.

FIG. 5 shows a block diagram of a power amplifier system
in accordance to a first application of a second embodiment of
the invention.

FIG. 6 shows a flow diagram of a method in accordance to
the first application of the second embodiment of the inven-
tion.

FIG. 7 shows a block diagram of a power amplifier system
in accordance to a second application of the second embodi-
ment of the invention.
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FIG. 8 shows a flow diagram of a method in accordance to
the second application of the second embodiment of the
invention.

FIG. 9 shows a first characteristic diagram in accordance to
the second embodiment of the invention.

FIG. 10 shows a second characteristic diagram in accor-
dance to the second embodiment of the invention.

FIG. 11 shows a flow diagram of a method in accordance to
a third embodiment of the invention.

FIG. 12 shows a flow diagram of a method in accordance to
a fourth embodiment of the invention.

FIG. 13 shows a block diagram of a device in accordance to
the first, second, third, and fourth embodiment of the inven-
tion.

DETAILED DESCRIPTION OF THE INVENTION

FIG. 1 shows a block diagram of a power amplifier system
PAS1 according to a first application of a first embodiment of
the invention. The power amplifier system PAS1 may be
contained in a transmitter of a network element of a radio
communication system such as an LTE system (LTE=Long
Term Evolution), a WIMAX system (WiMAX=Worldwide
Interoperability for Microwave Access), or a WLAN system
(WLAN=Wireless Local Area Network).

The network element is for example a base station. Further
alternatives for the network element are an access point, a
mobile phone, a PDA (PDA=personal digital assistant), a
notebook etc.

In an alternative, the power amplifier system PAS1 may be
contained in a transceiver of a fixed access communication
system such as ADSL (ADSL=Asymmetric Digital Sub-
scriber Line).

In a further alternative, the power amplifier system PAS1
may be contained in an audio or a video system such as a hi-fi
system.

Generally, the power amplifier system PAS1 according to
the first embodiment of the invention may be used in any
application, where an amplification of an electromagnetic
signal is required.

A digital baseband board BB1 generates a complex digital
input signal DS comprising an inphase signal part [ and a
quadrature signal part Q.

In an alternative, the digital baseband board BB1 may
generate a real digital input signal comprising a single real
port.

The power amplifier system PAS1 comprises an analogue
RF front end (RF=radio frequency) RFFE1 and a portion of
the digital baseband board BB1 and.

In an alternative, the power amplifier system PAS1 may
comprise a further digital baseband board and the analogue
RF front end RFFEL.

The portion of the digital baseband board BB1 may com-
prise an adaptation unit ADU such as an FPGA (FPGA=field-
programmable gate array), a CPLD (CPLD=complex pro-
grammable logic device), an ASIC (ASIC=application
specific integrated circuit) or a DSP (DSP=digital signal pro-
cessor).

The RF front end RFFE1 may comprise two DACs
(DAC=digital-to-analogue converter) DAC1, DAC2, amodu-
lation and upconversion module MU1, a local oscillator LO1,
a power supply SMPS1, and a power amplifier PA1.

In an alternative, a location of the DACs DAC1, DAC2 is
shifted from the RF front end RFFEI1 to the baseband board
BBI1.

The digital input signal DS is a signal of a transmission
method such as OFDM (OFDM=orthogonal frequency divi-
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sion multiplexing), CDMA (CDMA=code division multiple
access), WCDMA (WCDMA=wideband CDMA), or multi-
carrier GSM (GSM=Global System for Mobile Communica-
tions).

In on alternative, the digital input signal represents an
audio or video signal of an audio or video system.

A signal path of the quadrature signal part Q of the digital
input signal DS is connected to an input interface of the first
DAC DACI1 and a signal path of the inphase signal part I is
connected to an input interface of the second DAC DAC2.
Furthermore, both signal paths are connected to input inter-
faces of the adaptation unit ADU.

In an alternative, a single signal path of a real signal is
connected to a single DAC and to an adaptation unit compris-
ing a single input interface. Output interfaces of the two
DACs DAC1, DAC2 for an inphase and a quadrature signal
part I, Q of an analogue signal AS1 are connected to input
interfaces of the modulation and upconversion module MU.
The local oscillator LO1 is connected to a further input inter-
face of the modulation and upconversion module MU.

An output interface of the modulation and upconversion
module MU for a carrier signal CS1 is connected to a signal
input interface PASIGIN1 of the power amplifier PA1.

The adaptation unit ADU calculates a value MSPL1 related
to a mean signal power of the digital input signal DS, which
is used at the power supply SMPS1 to adapt a value of a
supply voltage PASV1 of the power supply SMPS1.

An output interface of the adaptation unit ADU is con-
nected to a control port CP1 of the power supply SMPS1.

The control port CP1 may be a digital control port.

In an alternative, the control port CP1 may be an analogue
control port and a further DAC may be used between the
adaptation unit ADU and the power supply SMPS1 to convert
digital values coming from the adaptation unit ADU to ana-
logue values.

The power supply SMPS1 may be a switched-mode power
supply providing the advantage of generating the supply volt-
age PASV1 at different power levels with a same high effi-
ciency.

In on alternative, the power supply SMPS1 may be a volt-
age modulator such as used in an envelope tracking method.

The power supply SMPS1 adopts the value of the supply
voltage PASV1 to the value MSPL1 received via the control
port CP1.

An output interface for the supply voltage PASV1 of the
power supply SMPS1 is connected to a voltage input interface
PASVINT1 of the power amplifier PA1.

The power amplifier PA1 amplifies the carrier signal CS1
to an amplified carrier signal ACS1 based on the adapted
value of the supply voltage PASV1.

This provides the advantage of increasing a power effi-
ciency of the power amplifier PA1 and thereby reducing the
overall power consumption of the power amplifier system
PAS1.

Referring to FIG. 2 a flow diagram of a method M1 in
accordance to the first application of the first embodiment of
the invention is shown.

The sequence and the number of the steps for performing
the method M1 is not critical, and as can be understood by
those skilled in the art, that the sequence and the number of
the steps may vary without departing from the scope of the
invention.

In a first step M1/1, the inphase and the quadrature signal
parts I, Q of the digital input signal DS are received by the
portion of the digital baseband board BB1 comprising the
adaptation unit ADU.

The stop M1/1 is continuously performed.
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In a next step M1/2, the adaptation unit ADU measures and
stores values of the inphase and the quadrature signal parts 1,
Q of the digital input signal DS at certain points of time,
which are given by a first predefined time interval.

In an alternative, the adaptation unit ADU continuously
measures sand stores all values of the inphase and the quadra-
ture signal parts I, Q of the digital input signal DS.

In a further step M1/3, the adaptation unit ADU calculates
the value MSPL1 related to the mean signal power of the
digital input signal DS.

In a first substep, the adaptation unit ADU squares the
inphase and the quadrature signal parts I, Q and adds the
squares of the inphase and the quadrature signal ports I, Q for
an intermediate value.

In asecond substep, the adaptation unit ADU calculates the
value MSPL1 related to the mean signal power of the digital
input signal DS by averaging intermediate values of the first
substep, which belong to a second predefined time interval.
The second predefined time interval is equal or larger than the
first predefined time interval.

The value MSPL.1 related to the mean signal power may be
based on an arithmetic mean of absolute values of signal
amplitudes of the digital input signal DS.

In further alternatives, the value MSPL1 related to the
mean signal power may be based on a quadratic mean of
power amplitudes of the digital input signal DS, on a gener-
alized mean of the digital input signal DS, or on a moving
average of the digital input signal DS.

In a further preferred alternative, the moving average ofthe
digital input signal DIS uses a lower weight, according to the
value of the digital input signal DS measured within a first
part of the second predefined time interval and a higher
weight according to the values of the digital input signal DS
measured within a second part of the second predefined time
interval and the first part of the second predefined time inter-
val is followed by the second part of the second predefined
time interval. Thereby, the value MSPL1 related to the mean
signal power stronger depends on recently measured values
and can react according to abrupt changes in a faster time.

The step M1/2 is repeated after the step M1/3.

A step M1/4 is followed by the step M1/3, if the value
MSPL1 related to the mean signal power has been changed
according to a preceding calculation of the value MSPL1
related to the mean signal power.

In a preferred alternative, the step M1/4 is followed by the
step M1/3, if the value MSPL1 related to the mean signal
power has been changed by a predefined amount according to
the preceding calculation of the value MSPL1 related to the
mean signal power.

In a further alternative, the step M1/4 is always followed by
the step M1/3. In a next step M1/4, a value of the supply
voltage PASV1 of the power amplifier PA1 is adapted to the
value MSPL1 related to the mean signal power of the digital
input signal DS.

The value MSPL1 related to the mean signal power is a
mean signal power level and the voltage supply SMPS1 deter-
mines the value of the supply voltage PASV1 for example by
using a look-up table of the voltage supply SMPS1 or by
using an equation with a relation between the value of the
supply voltage PASV1 and the mean signal power level.

In a further alternative, the value MSPL1 related to the
mean signal power is a specific value required by the control
port CP1 to extract a specific supply voltage PASV1. There-
fore, the adaptation unit ADU calculates the specific value by
using a look-up table of the adaptation unit ADU. This pro-
vides the advantage of not requiring an internal logic within
the voltage supply SMPS1 and provides the advantage of a
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higher flexibility in using power supplies due to an indepen-
dence on a specific control language of the control port.

In an even further alternative, the value MSPL1 related to
the mean signal power is an increment value of the supply
voltage PASV1 by using a further look-up table of the adap-
tation unit ADU. The power supply SMPS1 changes the sup-
ply voltage PASV1 according to the received increment
value. This provides the advantage of applying values to the
power supply SMPS1 with a higher resolution.

Preferably, the adaptation unit ADU adapts the value of the
supply voltage PASV1 with a value of on ascending slope
above an absolute value of a downward slope. Thereby, the
supply voltage PASV1 can be faster increased than decreased.

This provides the advantage of reducing on the one hand
the number of adaptation steps. On the other hand, an adap-
tation of the supply voltage PASV1 to fast ascents of the mean
signal power level MSPL1 is enabled to avoid a saturation of
the amplification of the power amplifier PA1 by a fast increase
of the mean input power level MSPL1.

In a further step M1/5, which is executed continuously and
in parallel to the steps M1/2, M1/3 and M1/4, the power
amplifier PA1 amplifies the digital input signal DS to on
amplified carrier signal ACS1.

The further step M1/5 for a same digital input signal DS is
usually executed before the step M1/4 is finished. Therefore,
the amplification of the inphase and the quadrature signal
parts I, Q of the some digital input signal DS is performed
with a former adapted value of the supply voltage PASV1 of
the power amplifier PA1.

The amplification of the inphase and the quadrature signal
parts 1, Q of further received digital input signals DS is per-
formed with a new adapted value of the supply voltage
PASV1 of the power amplifier PA1 according to the step
M1/4 not until the step M1/4 is finished.

In a first sub-step, the inphase and the quadrature signal
parts I, Q of the digital input signal DS are converted by the
DACs DAC1 DAC2 to an analogue signal AS1.

In a further sub-step, the modulation and upconversion
module MU modulates the inphase and the quadrature signal
parts I, Q of the analogue signal AS1 to an intermediate signal
and converts the intermediate signal to the carrier signal CS1
by mixing the intermediate signal with a frequency signal of
the local oscillator LO1.

In an alternative, a modulation of the inphase and the
quadrature signal parts I, Q of the digital input signal DS may
be performed by a Dbaseband or IF modulator
(IF=intermediate frequency) located on the baseband board
BB1 and only an upconversion is performed via the RF front
end RFFEL.

In a final sub-step, the carrier signal CS1 is amplified to the
amplified carrier signal ACS1 in accordance to the supply
voltage PASV1 of the power amplifier PA1.

The amplified carrier signal ACS1 is transmitted to an
antenna, which is connected to an output interface of the
power amplifier PA1.

In an alternative, the amplified carrier signal ACS1 may be
inserted to a fixed transmission line.

In a further alternative, the amplified carrier signal ACS1
may be transmitted to loudspeakers of the audio or video
system.

By the method M1 according to the first application of the
first embodiment of the invention, a predetermined supply
voltage PASV1 power is applied to the power amplifier PA1
according to a predetermined mean signal power. Generally,
for an increasing mean signal power an increasing supply
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voltage PASV1 and for a decreasing mean signal power a
decreasing supply voltage PASV1 is applied to the power
amplifier PA1.

This provides a benefit of reducing the power consumption
of'the power amplifier PA1, because a CD bias current of the
power amplifier PA1 is always limited to a value, which is
sufficient to amplify the carrier signal CS1 having a power
level related to the mean signal power.

In comparison to an envelope tracking method, the method
needs no delay/synchronisation element in an input signal
path of the power amplifier PA1 to synchronize a voltage
modulation of a power supply with a real time amplitude of an
envelope of the digital input signal DS.

Furthermore, supplementary components such as coupler,
detector, the delay/synchronisation element, complex digital
signal algorithmic, which are used in the envelope tracking
method, are not required.

Variations of the supply voltage are preformed in a much
longer time in comparison to the envelope tracking method,
because the mean signal power has a lower frequency band-
width than the real time amplitude of the envelope of the
digital input signal DS. Therewith, technical requirements
according to the components used for the invention are lower
than for components used regarding the envelope tracking
method.

FIG. 3 shows a block diagram of a power amplifier system
PAS2 according to a second application of the first embodi-
ment of the invention. The power amplifier system PAS2
comprises a coupler COUP1, a power detector PD, a low-pass
filter LPF1, an upconversion unit U, a local oscillator LO2, a
power supply SMPS2, and a power amplifier PA2. The power
amplifier system PAS2 may be contained in a transmitter of a
network element of a radio communication system such as an
LTE system, a WiMAX system, or a WLAN system.

The network element may be for example a base station.
Further alternatives for the network element are a mobile
phone, a PDA, a notebook, a USB flash drive with a radio
interface etc.

In an alternative, the power amplifier system PAS2 may be
contained in an audio of video system such as a hi-fi system
and the power amplifier system PAS2 may not comprise the
upconversion unit U and the local oscillator LO2.

A signal path of an analogue input signal AS2 is connected
to an input interface of the coupler COUP1.

The coupler COUP1 splits the analogue signal AS2 in a
first signal fraction AS2_1 and a second signal fraction
AS2_2 regarding a splitting factor, A power level of the first
signal fraction AS2_1 is above a power level of the second
signal fraction AS2_2.

Output interfaces of the coupler COUP1 are connected to
an input interface of the upconversion unit U for the first
signal fraction AS2_1 and to an input interface of the power
detector PD for the second signal fraction AS2_2. The local
oscillator LO2 is connected to a further input interface of the
upconversion unit U.

An output interface of the upconversion unit U for a carrier
signal CS2 is connected to a signal input interface PASIGIN2
of'the power amplifier PA2. The power detector PD measures
the second signal fraction AS2_2 and generates a power level
signal PL._AS2_2 according to a signal power of the second
signal fraction AS2_2. The power detector PD may be a
high-bandwidth power detector.

An output interface of the power detector PD is connected
to an input interface of the low-pass filter LPF1.

The low-pass filter LPF1 generates a voltage MSPL2
related to the mean signal power of the second signal fraction
AS2 2.
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An output interface of the low-pass filter LPF1 is con-
nected to a control port CP2 of the power supply SMPS2.

In an alternative, a low-bandwidth power detector may be
used to measure the second signal fraction AS2_2 and may be
used to generate the value related to the mean signal power of
the second signal fraction AS2_2. This provides the advan-
tage of not requiring the low-pass filter LPF1.

The control port CP2 of the power supply SMPS2 may be
an analogue control port.

In on alternative, the control port CP2 may be a digital
control port and a ADC (ADC=analogue-to-digital converter)
may be used between the low-pass filter LPF1 and the power
supply SMPS2 to convert analogue values coming from the
low-pass filter LPF1 to digital values.

In a further alternative, the control port CP2 may require a
control language and the ADC may be combined with a
digital processing unit to calculate values of a control param-
eter of the control language.

The power supply SMPS2 may be a switched-mode power
supply providing the advantage of generating a supply volt-
age PASV2 at different power levels with a same high effi-
ciency.

The power supply SMPS2 adapts a value of the supply
voltage PASV2 to the value MSPL2 related to a mean signal
power of the analogue input signal AS2.

An output interface for the supply voltage PASV2 of the
power supply SMPS2 is connected to as voltage input inter-
face PASVIN2 of the power amplifier PA2.

The power amplifier PA2 amplifies the carrier signal CS2
to an amplified carrier signal ACS2 based on the adapted
value of the supply voltage PASV2.

The power amplifier system PAS2 according to the second
application of the first embodiment of the invention provides
the advantage of increasing a power efficiency of the power
amplifier PA2 and thereby reducing the overall power con-
sumption of the analogue power amplifier system PAS2.

Referring to FIG. 4 a flaw diagram of a method M2 in
accordance to, the second application of the first embodiment
of'the invention is shown. The sequence and the number of the
steps for performing the method M2 is not critical, and as can
beunderstood by those skilled in the art, that the sequence and
the number of the steps may vary without departing from the
scope of the invention.

In a first step M2/1, the analogue input signal AS2 is
received by the power amplifier system PAS2.

The step M2/1 is continuously performed.

In a next step M2/2, the coupler COUP) continuously splits
the analogue input signal AS2 into the first and the second
signal fraction AS2_1, AS2_2.

In a further step M2/3, the power detector PD continuously
measures the signal power of the second signal fraction
AS2_2 and generates the power level signal PL._AS2_2.

In a next step M2/4, the low-pass filter LPF1 continuously
generates the voltage MSPL2 related to the mean signal
power of the second signal fraction AS2_2 by smoothing
abrupt variations of the power level signal PI,_AS2_2.

In a further step M2/5, a value of the voltage PASV2 of the
power amplifier PA2 is continuously adopted to the voltage
MSPL2 related to the mean signal power of the analogue
input signal AS2 taking into account the splitting factor of the
coupler COUP1.

In afirst alternative, the voltage MSPL 2 related to the mean
signal power of the second signal fraction AS2_2 is directly
applied to the control port CP2 of the voltage supply SMPS2
and the voltage supply SMPS2 determines the value of the
supply voltage PASV2 for example by using a look-up table
of the voltage supply SMPS2.
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In a second alternative, the voltage MSPL2 related to the
mean signal power of the second signal fraction AS2_2 is
converted to a parameter value of the control port CP2 by a
further converting unit.

In a further step M2/6, which is executed continuously and
in parallel to the steps M2/3, M2/4, and M2/5, the power
amplifier PA2 amplifies the carrier signal CS2 to an amplified
carrier signal ACS2 based on the adapted value of the supply
voltage PASV2.

In a first sub-step, the first signal fraction AS2_1 of the
analogue input signal AS2 is applied to the input interface of
the upconversion unit U.

In a further sub-step, the upconversion unit U converts the
first signal fraction AS2_1 to the carrier signal CS2 by mixing
the first signal fraction AS2_1 with a frequency signal of the
local oscillator LO2.

In a final sub-step, the carrier signal CS2 is amplified to the
amplified carrier signal ACS2 in accordance to the supply
voltage PASV2 of the power amplifier PA2.

The amplified carrier signal ACS2 is transmitted to an
antenna, which is connected to an output interface of the
power amplifier PA2.

In an alternative, the amplified carrier signal ACS2 may be
inserted a fixed transmission line.

In a further alternative, the amplified carrier signal ACS2
may be transmitted to loudspeakers of an audio or video
system.

The method M2 according to the present invention offers a
benefit of reducing the power consumption of the power
amplifier PA2, because a CD bias current of the power ampli-
fier PA2 is always limited to a value, which is sufficient to
amplify the carder signal CS2 having a power level related to
the signal power level of the analogue input signal AS2.

Furthermore, the overall power consumption of the power
amplifier system PAS2 is reduced.

Referring to FIG. 5 a block diagram of a power amplifier
system PAS3 according to a first application of a second
embodiment of the invention is shown.

In comparison to the power amplifier system PAS1 shown
in FIG. 1, the power amplifier system PAS3 comprises instead
of the adaptation unit ADU a clipping unit CLP with a clip-
ping and a predistortion functionality.

The clipping unit CLP further comprises the functionalities
of the adaptation unit ADU according to FIG. 1.

In an alternative, an additional adaptation unit may com-
prise the functionalities of the adaptation unit ADU according
to FIG. 1 and may interact with the clipping unit CLP.

Furthermore, the power amplifier system PAS3 comprises
a predistortion feedback path PFP with a coupler COUP2, a
demodulation and downconversion unit DD, a further local
oscillator LO3 and two ADCs ADC1, ADC2.

The clipping unit CLP being located on a portion of a
digital baseband board BB2 may be a DSP (DSP=digital
signal processor) or an FPGA (FPGA=field-programmable
gate array).

In an alternative, the clipping unit CLP may be located on
as further digital baseband board.

The predistortion functionality provides the advantage of
getting a more linear power amplifier PA1 by increasing a
linear amplification range towards higher output power and
thereby reducing spectral distortion a an amplified carrier
signal ACS3.

In on alternative, if a linearity of a power amplification of
the power amplifier PA1 may be sufficient, the power ampli-
fier system PAS3 may not comprise the predistortion feed-
back path PFP and the clipping unit CLP may not comprise
the predistortion functionality.
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In a further alternative, the clipping and the predistortion
functionality are located in separate units on the portion of the
digital baseband board BB2. Signal paths of the inphase and
quadrature signal parts I, Q of the digital input signal DS are
connected to input interfaces of the clipping unit CLP.

Output interfaces of the clipping unit CLP for inphase and
quadrature signal parts I, Q of a digital clipping signal DCLS
are connected to the input interfaces of the two DACs DAC1,
DAC2.

The clipping functionality of the clipping unit CLP limits
signal peaks of the digital input signal DS according to a
clipping threshold, which is determined by the value MSPL.1
related to the mean signal power. Thereby a PAPR
(PAPR=peak-to-average-power-ratio) of the digital input sig-
nal DS is kept within a predefined range.

Referring to FIG. 6 a flow diagram of a method M3 in
accordance to the first application of the second embodiment
of'the invention is shown. In addition to the steps M1/1, M1/2,
M1/3, M1/4, and M1/5 performed in the first application of
the first embodiment of the invention, step M3/1 may be
performed in parallel to the step M1/4.

The sequence and the number of the steps for performing
the method M3 is not critical, and as can be understood by
those skilled in the art, that the sequence and the number of
the steps may vary without departing from the scope of the
invention.

In the step M3/1, the clipping unit CLP keeps the PAPR of
the digital input signal DS in the predefined range. Therefore,
the clipping unit CLP uses the value MSPL1 related to the
mean signal power to adjust the clipping threshold according
to the predefined range and thereby generating the digital
clipping signal DCLS. All signal peaks of the digital input
signal DS exceeding the clipping threshold are flattened or
levelled to the clipping threshold.

In a first alternative, a so-called hard clipping may be
performed by simply levelling all signal values to the clipping
threshold. In that case, a characteristic curve of the digital
clipping signal DCLS may comprise sharp edges (see FIGS.
9 and 10).

In a preferred second alternative, a so-called soft clipping
may be performed by smoothing the characteristic curve of
the digital clipping signal DCLS at clipped signal peaks. This
provides the advantage of avoiding a generation of harmonic
waves and avoiding a broadening of a frequency bandwidth of
the digital clipping signal DCLS by the harmonic waves.

In a further preferred alternative, a signal envelope of the
digital clipping signal DCLS may exceed slightly the clipping
threshold due to the soft clipping.

In the step M1/5 a futility sub-step is executed in compari-
son to the method M1. In the further sub-step, the clipping
unit CLP modifies the digital input signal DS based on a
feedback information received via the predistortion feedback
path PFP.

In an alternative, the further sub-step may be not executed,
if the power amplifier system may no comprise the predistor-
tion path.

By the method M3 according to the first application of the
second embodiment of the invention, a predetermined clip-
ping threshold is applied to the digital input signal DS accord-
ing to a predetermined mean signal power. Generally, for an
increasing mean signal power an increasing clipping thresh-
old and for a decreasing mean signal power a decreasing
clipping threshold is applied to the digital input signal DS.

This provides the advantage of avoiding a saturation of the
amplification of the power amplifier PA3 by signal peaks with
a signal power much larger than the mean signal power.
Furthermore, distortions of the output signal of the power
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amplifier PA3 such as generation of additional sidebands
caused by the saturation of the amplification can be pre-
vented. The predefined range can be selected in such a way,
that requirements such as given by a radio communication
standard regarding signal integrity are fulfilled.

Referring to FIG. 7 a block diagram of a power amplifier
system PAS4 according to a second application of a second
embodiment of the invention is shown.

In comparison to the power amplifier system PAS2 shown
in FIG. 3, the power amplifier system PAS4 additionally
comprises an operational amplifier OA and a further low-pass
filter LPF2.

The voltage MSPL2 related to the mean signal power,
which is generated by the low-pass filter LPF1 and applied to
the control port CP2 of the power supply SMPS2, is used in
addition as a supply voltage for the operational amplifier OA.

The operational amplifier OA comprises an input interface
for the first signal fraction AS2_1 ofthe analogue signal AS2,
an interface for the voltage MSPL2 as the supply voltage for
the operational amplifier OA, and an output interface for an
analogue clipping signal ACLS.

In an alternative, a transistor may by used instead of the
operational amplifier OA.

The operational amplifier OA limits signal peaks of the first
signal fraction AS2_1 of the analogue input signal AS2 to a
further clipping threshold, which is determined by the value
MSPL 2 related to the mean signal power. Thereby the PAPR
(PAPR=peak-to-average-power-ratio) of the first signal frac-
tion AS2_1 of the analogue input signal AS2 is kept within a
predefined range.

In an alternative, a voltage divider may be used to generate
via the voltage MSPL2 a reduced supply voltage for the
operational amplifier OA.

In a further alternative, a further operational amplifier may
be used to generate via the voltage MSPL2 an amplified
supply voltage for the operational amplifier CSA.

Inan even further alternative, a further voltage divider or an
even further operational amplifier may be used between the
low-pass filter LPF1 and the power supply SMPS2 to adapt
the voltage MSPL.2 to a voltage required by the control part
CP2 of the power supply SMPS2.

The further low-pass filler LPF2 comprises an input inter-
face for the analogue clipping signal ACLS and an output
interface for a filtered analogue clipping signal FACLS,
which is applied to the input interface of the upconversion
unit U.

The further low-pass filter LPF2 removes spectral compo-
nents of the analogue clipping signal ACLS, which have been
generated by a clipping process of the operational amplifier
OA.

In an alternative, the power amplifier system PAS4 may not
comprise the further low-pass filter LPF2, if the operational
amplifier OA may not generate additional spectral compo-
nents of the analogue clipping signal ACLS by the clipping
process.

Referring to FIG. 8 a flow diagram of a method M4 in
accordance to the second application of the second embodi-
ment of the invention is shown. In addition to the steps M2/1,
M2/2, M2/3, M2/4, M2/5, and M2/6 performed in the second
application of the second embodiment of the invention, step
M4/1 may be performed in parallel to the step M2/5.

The sequence and the number of the steps for performing
the method M4 is not critical, and as can be understood by
those skilled in the art, that the sequence and the number of
the steps may vary without departing from the scope of the
invention.
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In the step M4/1, the operational amplifier OA keeps the
PAPR of the second fraction AS2_1 of the analogue input
signal AS2 in a further predefined range and generates the
analogue clipping signal ACLS. Therefore, the operational
amplifier OA works as a limiter in an operating point, which
amplifies the first fraction AS2_1 ofthe analogue input signal
AS2 below the further clipping threshold by a factor one and
which works in a saturation mode for signal peaks exceeding
the further clipping threshold and thereby flattening or level-
ling the signal peaks of the first fraction AS2_1 to the clipping
threshold. The operating point is set by the voltage MSPL2.

In the step M2/5, a further sub-step is executed. In the
further sub-step, the further low-pass filter LPF2 removes
signal parts of the analogue clipping signal ACLS, which
have been generated by the clipping process of the opera-
tional amplifier OA. By using a predefined bandwidth of the
further low-pass filter LPF2, a signal quality of the filtered
analogue clipping signal FACLS can be increased.

In an alternative, the further sub-step may not be executed,
if the operational amplifier OA may not generate additional
spectral components of the analogue clipping signal ACLS by
the clipping process.

The method M4 according to the second application of the
second embodiment of the invention provides the advantage
of avoiding a saturation of the amplification of the power
amplifier PA4 by signal peaks with a signal power much
larger than the mean signal power. Furthermore, distortions of
the output signal of the power amplifier PA4 such as genera-
tion of additional sidebands caused by the saturation of the
amplification can be prevented.

Referring to FIG. 9 and FIG. 10, the step M3/1 of keeping
the PAPR of the digital input signal DS within the predefined
range is illustrated for two different time intervals.

According to FIG. 9, a first characteristic diagram DIAG1
shows a first digital input signal DS1 with a dashed line and a
first digital clipping signal DCLS1 with a solid line both with
amplitudes of arbitrary amplitude units AU as a function of
time with arbitrary time units TU. The arbitrary time units
comprise a first time interval [0, 3.5] and the arbitrary ampli-
tude units comprise an amplitude interval [0, 2.5]

The solid line of the first digital clipping signal DCLS1
covers the dashed line of first digital input signal DS1 below
a first clipping threshold CLT1. The first characteristic dia-
gram DIAG1 further shows a first amplitude value MSPL1_1
related to the mean signal power of die first digital input
signal DS1, which has been calculated in the step M1/3 of the
method M1.

The first amplitude value MSPL.1_1 is used in the step
M3/1 of the method M3 to calculate the first clipping thresh-
0ld CLT1 and to keep the PAPR of the first digital input signal
DS1 in the predefined range. Therefore, first signal peaks of
the dashed line of the first digital input signal DS1 above the
first clipping threshold CLT1 are removed and a flat curve
progression at a first level of the first clipping threshold CLT
is generated instead of the first signal peaks.

According to FIG. 10, a second characteristic diagram
DIAG?2 shows a second digital input signal DS2 with a dashed
line and a second digital clipping signal DCLS2 with a solid
line both with amplitudes of arbitrary amplitude units AU as
a function of time with arbitrary time units TU. The arbitrary
time units comprise a second time interval [10, 13.5] and the
arbitrary amplitude units comprise the amplitude interval [0,
2.5]

The solid line of the second digital clipping signal DCL.S2
covers the dashed line of second digital input signal DS2
below a second clipping threshold CLT2.
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The second characteristic diagram DIAG?2 further shows a
second amplitude value MSPL1_2 related to the mean signal
power of the second digital input signal DS2, which has been
calculated in the step M1/3 of the method M1.

The second amplitude value MSPL1_2 is used in the step
M3/1 of the method M3 to calculate the second clipping
threshold CL'T2 and to keep the PAPR of the second digital
input signal DS2 in the predefined range.

Therefore, second signal peaks of the dashed line of the
second digital input signal DS2 above the second clipping
threshold CLT?2 are removed and a flat curve progression at a
second level of the second clipping threshold CLT is gener-
ated instead of the second signal peaks.

Second signal peaks, the second clipping threshold CLT2
and the second amplitude value MSPL.1_2 related to the mean
signal power of the second digital input signal DS2 are below
the corresponding values of the first digital input signal DS1
shown in FIG. 9.

Due to second amplitude value MSPL1_2 being below the
first amplitude value MSPL1_1 and due to the predefined
range of the PAPR, the second clipping threshold CL.T2 of the
second time interval [10, 13.5] is below the first clipping
threshold CLT1 of the first time interval [0, 3.5].

Referring to FIG. 11 a flow diagram of a method M5 in
accordance to a third embodiment of the invention is shown.
In addition to the steps M1/1, M1/3, M1/4, and M1/5 per-
formed according to the first application of the first embodi-
ment of the invention, step M5/1 may be performed instead of
the step M1/2.

In an alternative, the step M5/1 may be performed in par-
allel to the step M1/2.

In the step M5/1, a data traffic indication is received at the
adaptation unit ADU from a higher-layer entity.

In a first alternative, the higher-layer entity may be a MAC
scheduler MAC=medium access control) and the data traffic
indication comprises a number of data packets or a number of
bytes waiting in a queue of the MAC scheduler.

In a second alternative, the higher-layer entity may be a
network layer entity and the data traffic indication comprises
types and number of services currently in use such as video
streaming services and coding rates of the video streaming
services.

In a third alternative, the higher layer entity may be a
HARQ entity (HARQ=hybrid automatic repeat-request) and
the data traffic indication comprises an amount of ED infor-
mation (ED=error-detection information) or FEC informa-
tion (forward error correction) added to user or signalling
data.

In the step M1/3, the adaptation unit ADU may comprise a
look-up table to estimate data traffic according to the received
data traffic indication and to calculate the value MSPL1
related to the mean signal power of the estimated data traffic.

The method M5 in accordance to the third embodiment of
the invention provides the benefit of a timely adaptation of the
supply voltage PASV1 in advance, before the digital input
signal DS ofthe physical layer is increased by a fast alteration
of the user traffic or the signalling traffic volume.

Referring to FIG. 12 a flow diagram of a method M6 in
accordance to a fourth embodiment of the invention is shown.
In addition to the steps M1/1, M1/2, M1/3, M3/1, M1/4, and
M1/5 performed according to the first application of the sec-
ond embodiment of the invention, step M6/1 may be per-
formed in parallel to the step M1/2.

The sequence and the number of the steps for performing
the method M6 is not critical, and as can be understood by
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those skilled in the art, that the sequence and the number of
the steps may vary without departing from the scope of the
invention.

In the step M6/1, at least one value of at least one further
characteristic of at least one further signal may be measured
and the at least one further characteristic may be a quality
indicator ofthe atleast one further signal. In a first alternative,
the at least one further characteristic may be an SNR
(SNR=signal-to-noise-ratio) and the at least one further sig-
nal may be the digital input signal DS, the digital clipping
signal DCLS or the amplified carrier signal ACS3.

In a second alternative, the at least one further character-
istic may be a so-called EVM (EVM=error vector magnitude)
and the at least one further signal may be the digital input
signal DS, the digital clipping signal DCLS or the amplified
carrier signal ACS3.

In a third alternative, the at least one further characteristic
may be a spectral characteristic and the at least one further
signal may be the digital input signal DS, the digital clipping
signal DCLS or the amplified carrier signal ACS3.

The step M6/1 may be repeated continuously or within a
third predefined time interval after the step M1/3.

For measuring the SNR, the EVM and the spectral charac-
teristic of the amplified carrier signal ACS3 the predistortion
feedback path PFP may be used.

In a further alternative, the SNR along with the EVM, the
SNR along with the spectral characteristic, the EVM along
with the spectral characteristic, or the SNR along with the
EVM and the spectral characteristic may be measured at a
same time.

By measuring the value of the at least one further charac-
teristic of the digital input signal DS and of the digital clip-
ping signal DCLS an impact of the clipping process on signal
quality of the digital clipping signal DCLS con be deter-
mined.

By measuring the value of the at least one further charac-
teristic of the digital input signal DS and of the amplified
carrier signal ACS3 an impact of the clipping process in
combination with the amplification process on signal quality
of the amplified carrier signal ACS3 can be determined.

In the step M1/3, the value MSPL1 related to the mean
signal power is calculated depending on the digital input
signals measured in the step M1/2 and depending on the at
least one further characteristic measured in the step M6/1 for
example by adding a correction factor to the value related to
the mean signal power being calculated by using only the
digital input signals measured in the step M1/2. The correc-
tion factor may be positive or negative.

In the step M1/4, the supply voltage PASV1 may be
adapted according to the value MSPL1 related to the mean
signal power and according to the value of the at least one
further characteristic to fulfil requirements (e.g. peak code
domain error) of a radio communication standard such as
UMTS or LTE. Therefore, the SNR, EVM, and spectral char-
acteristic of the amplified carrier signal ACS3 may be used to
fine-tune the supply voltage PASV1, which might have been
roughly adjusted by the value MSPL1 related to the mean
signal power.

In the step M3/1, the PAPR may be kept in the predefined
range according to the value MSPL1 related to the mean
signal power and according to the value of the at least one
further characteristic to fulfil the requirements of the radio
communication standard. Thereby, a fine-tuning of the clip-
ping threshold CLT1, CLT2 can be performed.

The method M6 in accordance to the fourth embodiment of
the invention provides the advantage of adjusting the supply
voltage and/or the clipping threshold in a more accurate way,
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so that the signal quality of the amplified carrier signal ACS3
can be optimised and signal integrity required by the radio
communication standard con be fulfilled.

Referring to FIG. 13 a device DEV may comprise a com-
puter program product CPP, a digital data storage medium
DDSM, two signal input interfaces DEVSIGIN1, DEVSI-
GIN2, two signal output interfaces DEVSIGOUT1, DEVSI-
GOUT?2, and a control output interface DEVCTROUT.

In an alternative, the device may comprise one signal input
interface and one signal output interface.

The device DEV may comprise the adaptation unit ADU
according to FIG. 1 or the clipping unit CLP according to
FIG. 5.

The device DEV may be an FPGA, a CPLD, an ASIC ora
DSP.

The computer program product CPP comprises computer-
executable instructions for performing the method M1 com-
prising the step M1/4 of adapting the value of the supply
voltage PASV1, PASV3 of the power amplifier PA1 to the
value related to the mean signal power of the digital input
signal DS of the power amplifier system PAS1, PAS3.

In an alternative, the computer program product may be a
hardware configuration such as used by an FPGA for per-
forming the method M1 comprising the step M1/4 of adapting
the value of the supply voltage PASV1, PASV3 of the power
amplifier PA1 to the value related to the mean signal power of
the digital input signal DS of the power amplifier system
PASI1, PAS3.

The digital data storage medium DDSM encodes a
machine-executable program of instructions to perform the
method M1 comprising the step M1/4 of adapting the value of
the supply voltage PASV1, PASV3 of the power amplifier
PA1 to the value related to the mean signal power of the digital
input signal DS of the power amplifier system PAS1, PAS3.

In an alternative, the digital data storage medium DDSM
may be a flash memory for storing the hardware configuration
such as used by the FPGA. In an alternative, the digital data
storage medium DDSM may be separated from the device
DEV.

The invention claimed is:

1. A method for amplifying a carrier signal by using a
power amplifier of a power amplifier system, the power
amplifier is fed with a supply voltage of a power supply,

said method comprising:

adapting a value of said supply voltage to a value related
to a mean signal power of an input signal of said
power amplifier system said adapting of said supply
voltage being performed with a value of an ascending
slope being above an absolute value of a downward
slope; and

limiting signal peaks of said input signal according to a

clipping threshold, said clipping threshold being deter-
mined by said value related to said mean signal power.

2. The method according to claim 1, wherein said input
signal is a digital input signal or an analogue input signal.

3. The method according to claim 1, said method further
comprising:

measuring at least one value of at least one further charac-

teristic of at least one further signal, and said at least one
further characteristic is a quality indicator of said at least
one further signal.

4. The method according to claim 3, wherein said supply
voltage further depends on said at least one value of said at
least one further characteristic.
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5. The method according to claim 3, wherein a peak-to-
average-power-ratio of the power amplifier system depends
on said at least one value of said at least one further charac-
teristic.

6. The method according to claim 1, wherein said method
further comprises receiving a data traffic indication from a
higher-layer entity.

7. The method according to claim 1, said method further
comprises:

measuring values of said input signal with a first predefined
time interval, and

calculating said value related to said mean signal power
using said values of said input signal measured within a
second predefined time interval.

8. The method according to claim 7, wherein said value
related to said mean signal power is a moving average with a
lower weight according to said values of said input signal
measured within a first part of said second predefined time
interval and a higher weight according to said values of said
input signal (DS) measured within a second part of said
second predefined time interval and said first part of said
second predefined time interval is followed by said second
part of said second predefined time interval.

9. A power amplifier system comprising:

a power amplifier with a first input interface for a carrier
signal and a second input interface for a supply voltage,
and

asupply voltage adapter thatis operative to adapt a value of
said supply voltage to a value related to a mean signal
power of an input signal of said power amplifier system,
wherein said adapting of said supply voltage is per-
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formed with a value of an ascending slope being above
an absolute value of a downward slope; and a peak
limiter that is operative to limit signal peaks of said input
signal according to a clipping threshold and wherein
said clipping threshold is determined by said value
related to said mean signal power.

10. A transmitter for use in a radio communication system
comprising a power amplifier system according to claim 9.

11. A network element for use in a radio communication
system comprising a transmitter according to claim 10.

12. Network element according to claim 11, wherein said
network element is either of the following: base station,
access point, mobile phone, PDA, notebook.

13. A transceiver for use in a fixed access communication
system comprising a power amplifier system according to
claim 9.

14. A computer program product implemented on a non-
transitory computer readable medium comprising: computer-
executable instructions for performing a method for amplify-
ing a carrier signal by using a power amplifier of a power
amplifier system, the method comprising: the step of

adapting a value of a supply voltage of said power amplifier

to a value related to a mean signal power of an input
signal of said power amplifier system, wherein said
adapting of said supply voltage is performed with a
value of an ascending slope being above an absolute
value of a downward slope; and

limiting signal peaks of said input signal according to a

clipping threshold said clipping threshold being deter-
mined by said value related to said mean signal power.
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